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IN THE CLAIMS 

I 
I 

1 . (currently amended) An end-to-end estimation of the bandwidth available in 

a client-server connection established over a packet switching network, comprising: 

a routine to compute samples of available bandwidth by taking into account the flow 

i 

of data packets received b^ the client and their animal times time intervals during which the 

i 

data packets are received[ [l]1 if the routine is implemented at the client receiver side, or by 
taking into account acknowledgments or report packets received by the server sender side and 
their arrival timcj time intervals during which acknowledgment or report packets are 
received ff.n if the routine is implemented at the server sender side; 

a routine to comput|e bandwid t h samples of available bandwidth as the ratio of the 

I 

amount of received data pabkets over the time interval during which flag data packets are 
received if the routine is iniplemented at the client receiver side, or as the ratio of the amount 
of Hl£ data packets aeked acknowledged over the time interval during which the data packets 
are aeked acknowledged if Ithe routine is implemented at the server sender side; and 

a routine that implements a discrete time low-pass filter to obtain a filtered value of 

i 

the samples of toe available bandwidth. 

2. (currently amended) The end-to-end bandwidth estimation according to 

i 

i 

claim 1 , wherein a sample df available bandwidth bj at time tj is computed as: 



3 f / "O-i 
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where d is the amount ofldata that have been received at the client receiver aide or 
acknowledged at the servbr sender side in the interval t r tj_ u is the time when the previous 

i 

ACK or the ACK one orWre congestion windows of packets before was received by 

i 

i 

the server sender §i£e or ihe time when the previous packet or the packet one oriflQre 

i 

congestion windows of pkekets before wad were received by the clfeflt receiver side , and tj is 
the time when the current ACK is received by the server sender side or when the current 
packet is received by the jsliest receiver sidfi. 

i 

3. (original) ' The end-to-end bandwidth estimation according to claim 1, 

wherein the routine implements a discrete time low-pass filter with time-varying coefficients. 

i 

4. (currently amended) The end-to-end bandwidth estimation according to 

claim 2> wherein the avaiilable bandwidth samples are computed according to claim 2 and are 

i 

averaged using the discijete-time low-pass filter with time-varying coefficients: 



where bj is the filtered Measurement of the available bandwidth at time t ^ tj » bj-\ is the 

filtered measurement of the available bandwidth at time A = f, - f y_i , lAyis the cut-off 

i . 

frequency of the filter, 6 y is the sample of the available bandwidth at time t j9 and is the 
sample of the available bandwidth at time tj_ m , I]]if a time t/m (m > 2) has elapsed since the 
last received ACK or packet without receiving any new ACK or packet, then the filter 
assumes the reception of a virtual sample bj=Q. 

| 3 
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5. (original) Mbthod for adapting the amount of data for unit of time, i.e. the rate, 
sent by the server to the tjlient over a packet network, comprising an end-to-end bandwidth 
estimation according to cjlaim 1. 

6. (previously presented) Method for adapting the amount of data for unit of time 
sent by the server to ihe flient over a packet network, comprising an end-to-end bandwidth 

estimation comprising: 

a routine to compute samples of available bandwidth by taking into account packets 
received by the client, if] the routine is implemented at the receiver side, or by taking into 
account acknowledgment packets received by the sender, if the routine is implemented at the 

i 

sender side; and i 

a routine that implements a discrete time low-pass filter to obtain a filtered value of 

i 

the samples of available bandwidth, 

wherein the low^pass filter is a low-pass filter according to claim 3. 

: 
I 

7. (currently amended) Method for adaptively setting congestion window 

(cwnd) and slow start threshold (ssthresh) in the TCP/TP protocol comprising an end-to-end 
bandwidth estimation according to claim I to set the windows as follows: 
after a timeourt; set ssthresh=misa BWE*RTTmin)[[,]] 
set cwnd=2; 

after 3 dupack: jset ssthresh=mina BWE*RTTminX[,]] 
feet cwnd=ssthresh; and 

wherein RTT min is the minimum round trip time and BWE is the available 
bandwidth computed according to claim 1 at the time of timeout or when 3 dupacks orja are 
received. ' 



I 

i 4 
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8, (currently amended) Method for adoptively setting congestion window and 

i 

slow start threshold in thej TCP/IP protocol comprising an end-to-end band width estimation 
c o mprising: j 

a r o utine to eompii t c samples o f available bandwidth by t aking in to accoun t packe t s 

received by the client, if tlie routine is implemented at the re c e ive! si d e, o r by taking int o 

i 

accoun t ackn o wledgment jpackcto received by thi sender, if the routine is implemented at t he 
sender side; and 

a r o utine that im p lement* a dismete time lowpaaa filter t o o btain * fil t ered value o f 
the samples o f available bandwidth, 

i 

w1 ir . rr . in i h r , 1 n w-* p kxA filler la a Kwpass filte r aeeo r din |g to claim 3 of the bandwidth 

i 

available according to claim 1 . 

i 

t 
I 

9. (currently amended) Method for adaptively selecting the quality of coding, or the 
numbers of layers to be transmitted in a layered coding of an audio/video source using the 
TCP protocol, or the UDlj protocol or the RTP protocol, comprising! an cnd'to'cnd 

i 

bandwidth estima t i o n acc o rding to claim-r 

a routine to compute an end-to-end estimation of the available bandwidth according to 
cfcim 7; ! 

a routine that selects the quality of coding, or the nembers of layers to be transmitted 



in a layered coding of an Audio/video so that the sending rate is the closer to the end-to-end 



bandwidth available estirrlated according to claim 7: and 



a routine to set TCP congestion window and slow start threshold according to cl aim 7 
in order to se nd the coded audio/video source. 



! 5 
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10. (previously presented) Method for adaptively selecting the quality of coding* or 

i 

the numbers of layers to bfe transmitted in a layered coding of an audio/video source using the 
TCP protocol, or the UDP protocol or the RTP protocol comprising and end-to-end 
bandwidth estimation comprising: 

i 
i 

a routine to compujte samples of available bandwidth by taking into account packets 

received by the client, if the routine is implemented at the receiver side, or by taking into 

i 

account acknowledgment jackets received by the sender, if the routine is implemented at the 
sender side; and 

a routine that implements a discrete time low-pass filter to obtain a filtered value of 

t 

the samples of available bandwidth over a packet network, comprising an end-to-end 

t 

i 

bandwidth, j 

wherein the low pass filter is a low pass filter according to claim 3. 

i 

1 1 . (currently amended) Method for adaptively selecting the quality of coding, or 
the numbers of layers to W transmitted in a layered coding of an audio/video source 

acco r ding t o clain r9, comprising: ( 

i 

increasing step by itep the quality of coding, or the numbers of layers to be 

transmitted in a layered coiling of an audio/video source until congestion is experienced by 

t 

t 

means of control packets; j 

setting the quality df coding or select the numbers of layers to be transmitted after that 
a congestion episode is signaled by means of control packets in according with the available 
bandwidth ttfitimatmn at tirlift r> f congestion according ft) 1 fc ^ni prii i i ng ; 



a routine t o compu t er samples o f availabl e bandwidth by taking into acj^cjuut pack e ts 



received by the cli e nt, if the r o utine is implemented at th e iei,eivei $id e ; -o r by taking in to 
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int ackiicjwleU^mmt|pacLcta roccivul by tin auidci, if t he r o u t ine h, bnpkmo rtedtrhfec 



! 

sender sid e , 



a routim, dial impljmiuila a cuWOl Uinc Iowpa&a filter to obtain a filtu cd valuu uf 

i 

tb e - samplcs of available bWl width ovu a packe t ne t work, cumpjuaiiig an ciKnu-cnd 



bandwidth and[[;]] increasing again step by step the quality of coding or the numbers of 
layers to be transmitted inja layered coding to probe for extra available bandwidth until a 
congesti on episode is experienced again. 



12. (currently amended) Method for setting the Advertised Window of TCP 

equal to the minimum of tie Advertised Window and the available bandwidth estimate times 

*. ■ - ' 

the minimum round trip tiihe, wherein the available bandwidth is computed according to 
claim 1. 

i 

i 
j 

13. (previously presented) Method for adapting the amount of data for unit of time 
sent by the server to the cliint over a packet network, comprising an end-to-end bandwidth 
estimation comprising: j 

a routine to comput j samples of available bandwidth by taking into account packets 
received by the client, if thd routine is implemented at the receiver side, or by taking into 
account acknowledgment pickets received by the sender, if the routine is implemented at the 
sender side; and ! 

! 
r 

a routine that implements a discrete time low-pass filter to obtain a filtered value of 

the samples of available banjdwidth, 

j 

wherein the low pas^ fitter is a low pass filter according to claim 4. 



7 
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14. (previously presented) Method for adaptively setting congestion window and 

slow start threshold in the (TCP/IP protocol comprising an end-to-end bandwidth estimation 
comprising: 

a routine to compute samples of available bandwidth by taking into account packets 
received by the client, if the routine is implemented at the receiver side, or by taking into 
account acknowledgment jackets received by the sender, if the routine is implemented at the 
sender side; and [ 

a routine that implements a discrete time low-pass filter to obtain a filtered value of 
the samples of available bahdwidth, 

wherein the low-pa; ;s filter is a low-pass filter according to claim 4* 



1 5 . (previously presented) 



Method for adaptively selecting the quality of coding, or 



the numbers of layers to be 



transmitted in a layered coding of an audio/video source using the 



TCP protocol, or the UDP protocol or the RTP protocol comprising and end-to-end 

i 

bandwidth estimation comjirising: 

| 

a routine to compute samples of available bandwidth by taking into account packets 

i 

received by the client, if th6 routine is implemented at the receiver side, or by taking into 
account acknowledgment pickets received by the sender, if the routine is implemented at the 
sender side; and 1 

a routine that implements a discrete time low-pass filter to obtain a filtered value of 
the samples of available bandwidth over a packet network, comprising an end-to-end 



bandwidth, 

wherein the low-pas 



s filter is a low-pass filter according to claim 4. 
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16. (previously presented) Method for adoptively selecting the quality of coding, or 

the numbers of layers to bh transmitted in a layered coding of an audio/video source 

i 

according to claim 10, comprising: 

increasing step by itep the quality of coding, or the numbers of layers to be 
transmitted in a layered coiling of an audio/video source until congestion is experienced by 

means of control packets; J 

I 

setting the quality ctf coding or select the numbers of layers to be transmitted after that 
a congestion episode is signaled by means of control packets in according with the bandwidth 

estimation comprising: ! 

■i 

a routine to computi samples of available bandwidth by taking into account packets 

! 

received by the client, if thtj routine is implemented at the receiver side, or by taking into 
account acknowledgment packets received by the sender, if the routine is implemented at the 
sender side; 

a routine that implements a discrete time low-pass filter to obtain a filtered value of 
the samples of available bandwidth over a packet network, comprising an end-to-end 
bandwidth; and 

I 

increasing again step by step the quality of coding or the numbers of layers to be 
transmitted in a layered codi ag to probe for extra available bandwidth. 

1 7. (currently amended) Method for setting the Advertised Window of TCP 

equal to the minimum of the Advertised Window and the available bandwidth estimate times 

j 

the minimum round trip time!, wherein the samplus aii available bandwidth is computed 
according to claim 1 2, and Uku bandwidth estimate ib compulul by . 

a ro utiiic to mmpiui j,amplca of avaiUik, bandwidlliby taking inlu dimmit packaa 



received by t he client, if thi i|uuline is* implemented at the r&ceivn aide, oi by lA mg 



into 
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aixoum ^kiiuv iliAlfeiiiuiL ^tis mmJiuI by the aeadiu, if dxe HHi i fan, jj implemented at Oil 
amdu side, and 



a luuLiuu that imphltnuiu a diaLiUi time km - pa^ filler to oUaiu a Cllind ialuc uf 



fee sampler uf avMilabk, bjiiJwidQi U y U a packet iiefrvuik, njiuprising au unHutud 



bandwidth . 



18. (canceled) 



1 9. (previously presented) Method for adapting the amount of data for unit of 

time, i.e. the rate, sent by tlje server to the client over a packet network, comprising an end-to- 
end bandwidth estimation according to claim 3 , 



20. (previously pre$ente|d) 
time, i.e. the rate, sent by 
end bandwidth estimation 



Method for adapting the amount of data for unit of 
server to the client over a packet network, comprising an end-to- 
aicording to claim 4. 



the 



21. (new) Theehd- 
the routine implements a disbrete 



to-end bandwidth estimation according to claim 2, wherein 
time low-pass filter with time-varying coefficients. 
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